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Abstract 22 
The use of a large number of amplitude-compression channels in hearing aids has 23 
potential advantages, such as the ability to compensate for variations in loudness recruitment 24 
across frequency and to provide appropriate frequency-response shaping. However, sound 25 
quality and speech intelligibility could be adversely affected due to reduction of spectro-26 
temporal contrast and distortion, especially when fast-acting compression is used. This study 27 
assessed the effect of the number of channels and compression speed on speech recognition 28 
when the multi-channel processing was used solely to implement amplitude compression, and 29 
not for frequency-response shaping. Computer-simulated hearing aids were used. The 30 
frequency-dependent insertion gains for speech with a level of 65 dB SPL were applied using 31 
a single filter before the signal was filtered into compression channels. Fast-acting (attack 10 32 
ms, release 100 ms) or slow-acting (attack 50 ms, release 3000 ms) compression using 3, 6, 33 
12, and 22 channels was applied subsequently. Twenty adults with sensorineural hearing loss 34 
were tested using a sentence recognition task with speech in 2- and 8-talker babble at three 35 
different signal-to-babble ratios (SBRs). The number of channels and compression speed had 36 
no significant effect on speech recognition, regardless of babble type or SBR.37 
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I. INTRODUCTION   38 
Loudness recruitment, the greater-than-normal rate of growth of loudness with increasing 39 
sound level (Steinberg and Gardner, 1937), is present in nearly all cases of cochlear hearing 40 
loss. Compensation for hearing loss with linear amplification, for which the gain does not 41 
vary with input level, involves a compromise between audibility and comfort; the audibility 42 
of low-level sounds must be sacrificed to prevent loudness discomfort from high-level 43 
sounds. By using amplitude compression, it is possible to make low-level sounds audible 44 
while keeping high-level sounds comfortable. For this reason, most if not all modern hearing 45 
aids incorporate some form of amplitude compression (Moore and Popelka, 2016). Some 46 
early studies comparing linear amplification to amplitude compression suggested an 47 
advantage of amplitude compression for the recognition of speech in quiet (Laurence et al., 48 
1983; Villchur, 1973), especially for soft speech (Moore et al., 1992; Bustamante and Braida, 49 
1987; Lippmann et al., 1981; Kam and Wong, 1999), or when the speech level varied rapidly 50 
over time (Lippmann et al., 1981). Some studies also showed advantages for the recognition 51 
of speech in background noise (Laurence et al., 1983; Moore et al., 1992; Yund and Buckles, 52 
1995b; Villchur, 1973; Yund et al., 1987). These early studies were mostly performed using a 53 
fixed  and often small  number of amplitude-compression channels. However, the number 54 
of channels in hearing aids has increased over the years, with 20 channels or even more being 55 
employed in some hearing aids. The channels are typically used both for shaping the overall 56 
frequency-gain characteristic and for applying frequency-dependent compression. Hence, any 57 
advantage gained from increasing the number of channels might be a consequence of more 58 
accurate and flexible achievement of either or both of these uses. The main objective of this 59 
study was to assess the effect of the number of channels on speech intelligibility when the 60 
channels were not used for shaping the frequency-gain characteristic. The effect of the speed 61 
of compression and the interaction between the number of channels and the speed of 62 
Salorio-Corbetto et al.  Multi-channel amplitude compression 4 
compression were also investigated.  63 
The use of many channels gives greater flexibility in shaping the overall frequency 64 
response to match a target prescription, such as the frequency-dependent insertion gain (IG) 65 
required for speech with an input level of 65 dB SPL, which is often used as the target when 66 
verifying a fitting using real-ear measurements (Mueller et al., 2013). This use of multiple 67 
channels is similar to that of a graphic equalizer, and adjustments to match a given target are 68 
usually made by changing the gains in individual channels. The use of many channels 69 
compensates for the frequency dependence of loudness recruitment, allows the amount of 70 
compression to vary smoothly across frequency, and allows gain variations in a given 71 
frequency region to be more independent of those in adjacent frequency regions. However, 72 
amplitude compression using many channels may have undesired side effects, such as 73 
reduction of spectral contrast (Plomp, 1988; Stone and Moore, 2008), and, if the compression 74 
is fast acting, reduction of amplitude modulation depth (Plomp, 1988; Stone and Moore, 75 
2008) and reduction of the correlation of envelope fluctuations in different frequency regions 76 
(Stone and Moore, 2008). Additionally, fast compression may distort the envelope shape 77 
(Stone and Moore, 1992) and lead to abrupt changes in the envelope magnitude at the onsets 78 
and offsets of sounds, known as overshoot and undershoot (Verschuure et al., 1996; Stone 79 
and Moore, 2008; Moore, 2012). The envelope distortion arising from compression usually 80 
increases with increasing number of compression channels and increasing compression speed 81 
(Nábělek, 1983; Plomp, 1994; Kates, 2010; Holube et al., 2016). Fast compression has little 82 
effect on the temporal fine structure (TFS) of sounds unless the compression time constants 83 
are comparable to one period of the signal at the output of a given channel (Levitt et al., 84 
1987). 85 
An additional consequence of the use of fast-acting compression is an effect called 86 
“cross-modulation” or “across-source modulation correlation” (ASMC) (Stone and Moore, 87 
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2007), whereby the envelopes of independent sound sources become partially correlated after 88 
compression. This could lead to perceptual fusion of the sound sources, impairing the 89 
intelligibility of speech in competing-talker backgrounds. Fast-acting compression can also 90 
decrease the correlation of the modulation patterns across frequency channels for a given 91 
source (within-source modulation correlation, WSMC) (Stone and Moore, 2008), which 92 
might impair the ability to perceptually group the frequency components originating from a 93 
given source (Bregman et al., 1985; Moore and Shailer, 1992).  94 
Previous research on the effect of the number of amplitude-compression channels and 95 
compression speed has given mixed results. Some studies have shown that, with fast-acting 96 
compression, increasing the number of channels has a negative effect on speech recognition 97 
or subjective preference. For example, van Dijkhuizen (1993, unpublished data presented by 98 
Plomp, 1994) found that, for hearing-impaired listeners, performance on a sentence-99 
recognition task worsened with increasing number of channels with the compression ratio set 100 
to 2 or 4 in all channels. Bor et al. (2008), who used a compression ratio of 3 in all channels, 101 
found that performance in a vowel-identification task was significantly better with two 102 
channels than with a single channel, but performance decreased when the number of channels 103 
was increased from 8 to 16. A problem with both of these studies is that the amount of 104 
compression was not selected based on the hearing loss of the listeners. More recently, 105 
Alexander and Masterson (2015) used 4-, 8-, and 16-channel simulated hearing aids with 106 
compression selected individually for each listener using the DSLv5 method (Scollie et al., 107 
2005) and found that the best outcomes were achieved when using four or eight channels 108 
with a short release time, or eight channels with a long release time. However, the effects 109 
were very small. Holube et al. (2016) used simulated hearing aids to obtain sound-quality 110 
ratings for different numbers of channels and different compression speeds. One condition 111 
used compression ratios selected using the DSL(i/o) method (Cornelisse et al., 1995) and 112 
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other conditions used either higher or lower compression ratios than prescribed using 113 
DSL(i/o). The results for the five hearing-impaired listeners tested showed that fewer 114 
compression channels, longer release times and lower compression ratios were generally 115 
preferred.  116 
Other studies have shown that speech recognition improves with increasing number of 117 
channels up to a certain number and then remains constant. For example, Yund and Buckles 118 
(1995c) used very fast compression, and set the compression in each channel so that a 119 
stimulus presented at 20 dB HL in that channel was just audible, while no gain was applied 120 
for an input level of 100 dB SPL. They found that the recognition of consonants in noise 121 
improved with increasing number of channels from 4 to 8 and then remained roughly 122 
constant up to 16 channels (albeit with a slight dip in performance with 12 channels).  123 
Finally, some studies have shown no change in performance with increasing number of 124 
channels when the compression was appropriately fitted for each listener. For example, Crain 125 
and Yund (1995) reported detrimental effects of fast-acting multi-channel compression when 126 
using high compression ratios and large numbers of channels (up to 31) when the 127 
compression ratio was fixed across channels and listeners. However, when the compression 128 
ratio was adjusted to be appropriate for each listener at each frequency, no detrimental effect 129 
of increasing the number of channels was found. Using fast compression fitted individually 130 
for each listener, Moore et al. (1999) found a small but significant advantage of having eight 131 
amplitude-compression channels over one, two, or four, when the background noise was 132 
deeply amplitude modulated and had relatively large spectral notches, but no effect of 133 
channel number was found for other backgrounds (single speaker, modulated noise, and 134 
spectrally notched noise). Keidser and Grant (2001) used one-, two-, and four-channel 135 
hearing aids with fast-acting compression fitted using the NAL-NL1 procedure (Byrne et al., 136 
2001) in a paired-comparison task and found that, overall, across the different stimuli used, 137 
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most listeners did not have a preference for a particular hearing aid. These authors also 138 
evaluated performance in a speech-in-noise recognition task and found no significant effect 139 
of the number of channels. 140 
The lack of agreement across these studies about the effect of number of channels 141 
probably arises partly from the diverse ways that the compression was implemented and set. 142 
For example, in many studies the values of the compression ratio were much higher than 143 
would be used in clinical practice (Nábělek, 1983; Plomp, 1994; Bor et al., 2008). This could 144 
account for the deleterious effects of increasing number of channels observed in those studies 145 
(Crain and Yund, 1995 ). Also, several studies used compression that was very fast acting, 146 
and probably faster than typically used in commercial hearing aids. In the present study, 147 
compression ratios were calculated on an individual basis using a gain prescription formula 148 
(Moore et al., 2010b) and time constants were chosen to be representative of those used in 149 
real hearing aids. 150 
In some of the studies described above the multi-channel processing was used to achieve 151 
the desired frequency response (Keidser and Grant, 2001; Alexander and Masterson, 2015; 152 
Yund and Buckles, 1995c; Crain and Yund, 1995). The same is true for most commercial 153 
hearing aids. The match between the target frequency response and the output of the hearing 154 
aid is usually better when a greater number of channels is employed (Woods et al., 2006), at 155 
least for numbers of channels up to about 5. Thus, any effects of number of channels could 156 
partly reflect the accuracy with which the frequency response matched the target rather than 157 
the effect of the number of compression channels per se. To our knowledge, only a few 158 
studies are not affected by this confound. Nábělek (1983) used a single filter after amplitude 159 
compression had been applied in order to equate the desired frequency response across 160 
conditions. However, this study was limited in scope, since the number of compression 161 
channels was either one or three. Bor et al. (2008) did not apply frequency-response shaping 162 
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to their stimuli but instead presented their stimuli at 92-94 dB SPL to ensure audibility over a 163 
wide frequency range. A disadvantage of this approach is that the spectral balance of the 164 
vowel stimuli used was not suited to the hearing losses of the listeners. Excessive low-165 
frequency content could have increased any negative effects of amplitude compression. In the 166 
studies described earlier, Moore et al. (1999) and Holube et al. (2016) achieved their target 167 
frequency responses by applying linear gain using an equal number of bands for all of their 168 
test conditions.  169 
In the study reported here, the multi-channel compression was implemented after 170 
frequency-dependent amplification had been applied. The number of channels was 171 
systematically varied from 3 to 22 and both fast-acting and slow-acting compression were 172 
used.  173 
Psychoacoustic measures of the ability to use TFS information and auditory-filter width 174 
were obtained to explore their relationship with the effects of compression speed and number 175 
of channels. Moore (2008) and Stone et al. (2008) proposed that listeners with poor 176 
sensitivity to TFS would rely heavily on temporal envelope cues and might be especially 177 
susceptible to the envelope distortion produced by fast-acting compression. Such listeners 178 
might therefore perform better with slow-acting compression. On the other hand, listeners 179 
with good TFS processing abilities might be more tolerant of the envelope distortion 180 
produced by fast compression and might be able to benefit from the improved audibility of 181 
low-level portions of a target signal in the dips of a competing background produced by fast 182 
compression. Such listeners might therefore perform better with fast compression. These 183 
proposals received some weak support from a study of Moore and Sek (2016b) but not from a 184 
simulation study of Hopkins et al. (2012). The present experiment was intended to provide a 185 
further test of these proposals. It was also hypothesized that the ability to understand speech 186 
in background babble would worsen with decreasing sensitivity to TFS.  187 
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We did not have a specific hypothesis about how auditory-filter width might be related to 188 
the optimum number of compression channels (if there is an optimum), although it has been 189 
proposed that the width of the compression channels should be greater than the width of the 190 
auditory filters to avoid reduced contrast in the internal representation of the spectrum with 191 
increasing number of channels (Laurence et al., 1983). We did hypothesize that wider 192 
auditory filters would be associated with poorer overall performance in the recognition of 193 
speech in babble.  194 
 195 
II. METHOD 196 
Each listener took part in a preliminary hearing evaluation consisting of pure-tone 197 
audiometry and the “threshold equalizing noise”, TEN(HL), test (Moore et al., 2004) for the 198 
detection of dead regions (DR) in the cochlea. These are regions with no or very few 199 
functioning inner hair cells, synapses, or neurons (Moore, 2001; Moore, 2004). Listeners who 200 
met the criteria described below subsequently took part in the main experimental task, a 201 
sentence-identification task. Additional hearing tests were carried out in order to explore 202 
factors that could underlie individual differences in the outcome of the main experimental 203 
task. These tests were: (1) The notched-noise test (Glasberg and Moore, 1990; Patterson, 204 
1976) to determine the width of the auditory filters; (2) Two measures of the ability to use 205 
TFS information: the difference limen for frequency (DLF) and a measure of sensitivity to 206 
interaural phase, the TFS Adaptive frequency (TFS-AF) test (Füllgrabe et al., 2017).  207 
 208 
A. Listeners 209 
Twenty-seven listeners were recruited from the laboratory database or by advertising in 210 
various buildings of the University of Cambridge and in some local General Practitioners’ 211 
surgeries. They were selected to have sensorineural hearing loss, as indicated by air-bone 212 
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gaps of 10 dB or less from 0.5 from 2 kHz. Air-bone gaps were allowed to be up to 25 dB at 213 
4 kHz, since such gaps do not necessarily indicate a conductive hearing loss (Margolis et al., 214 
2013). Listeners were required to have a hearing loss of at least 25 dB HL at most test 215 
frequencies, with at least three hearing thresholds ≥ 35 dB Hearing Level (HL) for three test 216 
frequencies below 6 kHz, and a hearing threshold at 4 kHz ≤ 70 dB HL. Two listeners with 217 
DRs at three or more consecutive test frequencies in both ears were excluded, since extensive 218 
DRs have perceptual consequences (Vickers et al., 2001; Baer et al., 2002; Vinay and Moore, 219 
2007) that would have complicated the interpretation of the outcomes of this study. Only one 220 
ear of each listener was tested. If no DRs were present, the test ear was the better-hearing ear. 221 
If DRs were detected only in one ear, the contralateral ear was tested. If restricted DRs were 222 
detected bilaterally, the ear with fewer positive outcomes in the TEN(HL) test was chosen. In 223 
cases where the test ear was not the better-hearing ear, the test ear had an air-conduction 224 
hearing threshold that was never more than 40 dB higher than the bone-conduction threshold 225 
at the same frequency for the non-test ear; this made “cross-hearing” unlikely, especially 226 
since “closed” headphones were used (see section II.B). Three listeners who had flat hearing 227 
losses with thresholds around 45-60 dB HL had to be excluded because they could not 228 
perform the speech recognition task. One listener withdrew from the study at an early stage. 229 
A further listener had to be excluded due to an error in the processing of the stimuli. 230 
Complete results were obtained for twenty listeners (twelve women). Their median age was 231 
73 yrs (range 45-86 yrs). All listeners were native speakers of British English. 232 
 233 
B. Apparatus and stimuli 234 
All measurements took place in a double-walled sound-attenuating chamber. Pure-tone 235 
audiometry was carried out using a Grason-Stadler GSI-61 audiometer (Eden Prairie, MN) 236 
equipped with Telephonics TDH-50 headphones (Telephonics, Huntington, NY), Sennheiser 237 
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HDA200 headphones (Wedemark, Germany), and a Radioear B71 bone-conduction 238 
transducer (Eden Prairie, MN). The TEN(HL) test and the notched-noise test were performed 239 
using a Philips compact disc player type 753 (Philips, Amsterdam, Netherlands) connected to 240 
the audiometer and using the Telephonics TDH-50 headphones. Measurement of the DLFs 241 
and the TFS-AF test were carried out using software developed by Sek and Moore (2012) and 242 
Moore and Sek (2016b), installed in a Samsung laptop (Seoul, South Korea) equipped with 243 
an M-Audio Audiophile USB external soundcard (Cumberland, RI). Stimuli were presented 244 
via Sennheiser HDA200 headphones.  245 
For the speech-recognition task, the stimuli were generated by the Samsung laptop and 246 
converted to analog form by the M-Audio Audiophile USB external soundcard. The output of 247 
the soundcard was routed to an Aphex HeadPod 454 headphone amplifier (Long  248 
Beach, CA) and attenuated by 17 dB with a custom-built manual attenuator. Presentation was 249 
monaural via a Sennheiser HDA200 headset. The stimuli were sentences from the STARR 250 
corpus (Boyle et al., 2013), uttered by a male speaker. Sentences were mixed with either 2-251 
talker babble, composed of a female and a male speaker, or an 8-talker babble composed of 252 
four female and four male speakers. The babble sounds were prepared from recordings made 253 
by Moore et al. (2008). The target speech and babble backgrounds were separately filtered to 254 
match their long-term average spectra to the long-term average spectrum of speech described 255 
by Moore et al. (2008). Next, the target speech was mixed with each type of babble at signal-256 
to-babble ratios (SBRs) of 3, 0, or +3 dB. The speech level at the input to the simulated 257 
hearing aid was always 65 dB SPL, and the noise level was varied to achieve the desired 258 
SBR. The babble always started 1 second before the target speech and ended 0.5 seconds 259 
after it.  260 
 261 
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C. The simulated hearing aid 262 
 263 
The speech in babble was processed using a computer-simulated hearing aid similar to 264 
that described by Moore et al. (2011). However, here the simulated hearing aid processed the 265 
waveform files on a sample-by-sample basis rather than using the overlap-add method that 266 
was employed earlier. The sample rate was 22050 Hz. All files were initially high-pass 267 
filtered at 50 Hz with a forward and backward pass of a third-order elliptic filter with 0.1-dB 268 
passband ripple and 30-dB stopband ripple. This removed any undesirable infrasonic 269 
components in the input file, which might otherwise bias level estimates. The aid applied the 270 
frequency-dependent insertion gains (IGs) recommended by the CAM2B procedure (Moore 271 
et al., 2010b; Moore and Sek, 2016a) for speech with a level of 65 dB SPL at frequencies 272 
0.125, 025, 0.5, 1, 2, 3, 4, 6, 8, and 10 kHz, using a single linear-phase finite impulse 273 
response (FIR) filter with 133 taps. The impulse response duration was 6.03 ms, 274 
corresponding to a delay of 3.02 ms, since the inherent delay produced by an FIR filter is 275 
one-half of the impulse-response duration. The gains at intermediate frequencies were 276 
specified by interpolation on a dB versus linear-frequency scale (the outcome would have 277 
been very similar if a log-frequency scale had been used, since the filter gain was specified at 278 
frequencies that were spaced by one-half octave or less). This filter is called hereafter the 279 
“insertion-gain filter”. The frequency response of the headphone, as measured using KEMAR 280 
(Burkhard and Sachs, 1975), was allowed for when calculating the filter response, so as to 281 
achieve the correct IGs.  282 
Multi-channel compression using 3, 6, 12, or 22 channels was applied subsequently. 283 
Thus, the channels were not used for frequency-response shaping. The channels had equal 284 
widths on the ERBN-number scale (Glasberg and Moore, 1990). The channel filters were 285 
designed so that, when the channel outputs were combined, spectral ripple was minimal (less 286 
than ±1 dB). Filtering to create the channels was performed using linear-phase FIR filters 287 
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with a maximum impulse-response duration of 14.74 ms (corresponding to a delay of 7.37 288 
ms). The length of the FIR filters varied across channels, which introduced an across-289 
frequency delay. This was removed by use of delay lines so as to time-align the channel 290 
signals. An additional delay of 2.5 ms was needed to implement the attack of the compression 291 
system, so the overall delay produced by the processing was 3.02 + 7.37 + 2.5 = 12.89 ms. 292 
This is close to but slightly longer than would be desired for a practical application (Stone 293 
and Moore, 1999; Stone and Moore, 2002). The skirts of the filter frequency responses were 294 
nearly identical when plotted on a logarithmic frequency scale. The lowest channel was 295 
created using a low-pass filter, while the remaining channels were created using band-pass 296 
filters. The maximum relative response in the stopband of the filters was 60 dB for the 22-297 
channel implementation, decreasing to 68 dB for the 3-channel implementation. The 298 
effective frequency range of the simulated hearing aid was 50 to 9900 Hz. 299 
As noted above, the channel filters had similar slopes regardless of channel number. This 300 
had two consequences. Firstly, the level in a given channel prior to the application of 301 
compression deviated more from the level produced by an ideal rectangular filter as the 302 
number of channels increased. Secondly, the overall output level after combining the 303 
channels increased with increasing number of channels. These two effects were compensated 304 
using a two-stage calibration process which was conducted without any compression 305 
processing.  306 
The first stage made use of a noise with a spectrum corresponding to a stylized version of 307 
the long-term average speech spectrum (LTASS) described by Moore et al. (2008). The 308 
spectrum level of the noise was flat from 100 to 500 Hz, decreased by 7.5 dB/octave up to 309 
8000 Hz, and then decreased by 13 dB/octave up to the Nyquist frequency of 11025 Hz. The 310 
insertion-gain filter was applied to a 5-s sample of the noise and the power spectral density of 311 
the output was calculated using the Welch method. This in turn was used to calculate the 312 
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“ideal” level at the output of each channel filter, assuming rectangular filters. The same noise 313 
sample was used as input to the insertion-gain filter and the channel filters, and the output 314 
level of each channel filter was measured. The differences in level between the ideal and 315 
actual filter outputs were used to “correct” (reduce) the output level of each channel  so that it 316 
corresponded to the ideal output level. The application of this correction meant that channel 317 
output levels could be used to accurately calculate the required gains for each channel in 318 
response to other input signals, when compression processing was applied. 319 
In the second stage of calibration, the difference was calculated between the idealized 320 
channel output levels and the corresponding levels over the same frequency range when the 321 
outputs of all channels were summed. The difference represents the increase in level due to 322 
the overlap of the bandpass filters, which increased with increasing number of channels. The 323 
difference was used to reduce the level of the signal at the output of each channel, after 324 
compression processing but prior to summation of the channel signals. 325 
The net effect of these two stages of correction was that, for a fixed selection of 326 
frequency-dependent insertion gains, the spectral shape of the output in response to noise 327 
with the LTASS was almost independent of the number of channels for frequencies up to 328 
8000 Hz. There was a very small effect of the number  of channels (less than  1 dB) at 9900 329 
Hz, which corresponded to the upper edge of the highest channel.  330 
Because of our use of a simulated hearing aid and the corrections described above, the 331 
target IGs could be achieved accurately over a wide range of input levels and center 332 
frequencies. The main source of deviations from the target gains was the variability of the 333 
response of the headphones across individual ears. Measurements conducted in our laboratory 334 
obtained using an Etymotic Research ER10C probe microphone indicated that the standard 335 
deviation of the response across ears was typically less than ±3 dB for frequencies up to 4 336 
kHz, and less than ±5 dB for frequencies from 4 to 10 kHz.  337 
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The compression had a main stage, which controlled the gains of the simulated aid most 338 
of the time, and a second limiting stage that was intended to prevent loudness discomfort that 339 
might otherwise be produced by brief high-level peaks in the input signal. The compression 340 
ratio for the main stage was participant-dependent. The compression ratio for the second 341 
stage was 100. The main stage was either fast acting (attack 10 ms, release 100 ms) or slow 342 
acting (attack 50 ms, release 3000 ms); attack and release times were defined according to 343 
(ANSI, 2014). The compression threshold for each channel for the main stage was 15 dB 344 
below the root-mean-square (RMS) level within that channel when the input was a signal 345 
with the LTASS and a level of 65 dB SPL. Since a speech input level of 65 dB SPL was used 346 
in the experiment, this means that the speech signal was compressed over its entire effective 347 
dynamic range.  348 
For each channel, the compression threshold for the second stage was usually set 15 dB 349 
above the RMS output level of that channel calculated from the first stage. The second stage 350 
was activated only rarely (usually 0.1% of the time or less), since short-term peaks in the 351 
level of speech only rarely have a level more than 10 dB above the RMS level in a given 352 
frequency region (Moore et al., 2008). Rarely, the second stage was activated more than 353 
0.1% of the time in a few channels, in which case the compression threshold for the second 354 
stage was increased by up to 5 dB. The attack time for the second stage was 6 ms for the 355 
lowest channel and decreased linearly to 2 ms for the highest channel. The release time was 356 
80 ms for the lowest channel and decreased linearly with increasing channel number to 40 ms 357 
for the highest channel.  358 
The hearing aid gains and compression ratios for the main stage were set separately for 359 
each listener using the CAM2B procedure (Moore et al., 2010b; Moore and Sek, 2016a), 360 
based on the audiogram of the test ear. When fast compression was used, the compression 361 
ratio was limited to 3, since there is evidence that compression ratios above 3 have 362 
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deleterious effects when fast compression is used (Neuman et al., 1998; Keidser et al., 2011). 363 
We believe that this is representative of what happens in clinical practice. The compression 364 
ratio was limited to 10 when slow compression was used. Figures 1 and 2 show the 365 
compression ratios used for each compression speed and number of channels.  366 
 367 
FIG. 1. Compression ratios for each channel when fast compression was used. The lower 368 
edge of each box indicates the 25th percentile and the upper edge of each box indicates the 369 
75th percentile. Whiskers indicate the extreme data points that were not considered as 370 
outliers. Outliers are indicated by crosses (color online). The median is indicated by a thick 371 
line. 372 
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 373 
FIG. 2. As Fig. 1 but for slow compression. 374 
 375 
 To quantify the effect of the compressors on the envelopes of typical speech stimuli, 376 
we used the measure “fidelity of envelope shape” (FES) described by Stone and Moore 377 
(2007). The FES varies from 1 if the envelopes in different frequency channels are perfectly 378 
preserved to 0 if envelope information is completely destroyed. FES values were calculated  379 
for the 22-channel compression systems, for which the effects were expected to be greatest. 380 
The compression ratios were set to the median values shown in Figs 1 and 2. The input signal 381 
was a one-minute sample of a single female talker mixed at 0 dB SBR with either two or 382 
eight talkers (with an even number of males and females in each). For the two-talker 383 
background the FES was 0.7244 for the fast compressor and 0.7447 for the slow compressor. 384 
For the eight-talker background, the FES was 0.6861 for the fast compressor and 0.7078 for 385 
the slow compressor. Thus, both compressors altered the envelope shapes of the signals, and 386 
the alteration was somewhat greater for the fast than for the slow compressor.   387 
In summary, there were 48 conditions for the speech intelligibility test, given by four 388 
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numbers of channels (3, 6, 12, or 22), two compression speeds (fast or slow), two 389 
backgrounds (2- or 8- talker babble), and three SBRs (3, 0, or +3). 390 
   391 
D. Procedure  392 
1. Pure-tone audiometry 393 
Pure-tone air- and bone-conduction audiometry was performed using the procedure 394 
recommended by the British Society of Audiology (2011). For air conduction, thresholds for 395 
octave and semi-octave frequencies between 0.125 and 10 kHz were obtained. For bone 396 
conduction, octave frequencies from 0.25 to 4 kHz were used.  397 
 398 
2. TEN(HL) Test for the detection of dead regions in the cochlea 399 
To detect any DRs, the TEN(HL) test (Moore et al., 2004) was conducted for frequencies 400 
between 0.5 and 4 kHz. A DR was deemed to be present at a specific test frequency when the 401 
masked threshold of the test tone in the TEN was 10 dB or more above the hearing threshold 402 
in quiet and 10 dB or more above the nominal level of the TEN (Moore, 2004). A difference 403 
of 8 dB between the masked threshold and the level of the TEN was considered as 404 
‘inconclusive’ (Moore, 2004), and in such cases the test was repeated using a higher level of 405 
the TEN, if possible. In most cases, the nominal level of the TEN was at least 10 dB above 406 
the hearing threshold for the test frequency in quiet. In two cases (L8 at 4 kHz and L26 at 3 407 
kHz), the nominal level of the TEN was set to be the same as the hearing threshold for the 408 
tone or only slightly above this level, to avoid loudness discomfort. For the same reason, in 409 
one case (L26 at 3 kHz), the nominal level of the TEN was slightly below the threshold in 410 
quiet. 411 
 412 
3. Recognition of sentences 413 
Salorio-Corbetto et al.  Multi-channel amplitude compression 19 
Half the listeners completed the test first with the 2-talker background, and half with the 414 
8-talker background. The two types of backgrounds were used on different days. Following 415 
the presentation of each sentence, the listener was asked to write down each word they heard. 416 
They were encouraged to guess when they were uncertain. Each sentence contained five key 417 
words, and only key words were scored. Each session started with eight sentences in quiet for 418 
familiarization and 24 practice sentences (one for each condition for the type of babble being 419 
used on that day). Conditions were tested in blocks, first in a random order and then in the 420 
reverse order for each listener, to compensate for the effects of learning and fatigue. Each 421 
block used six randomly chosen sentences. The scores for the first two sentences in the block 422 
were discarded, as pilot work showed that listeners needed to get used to the listening 423 
condition to provide stable answers. The remaining four sentences in each block contained 20 424 
keywords. Words identified correctly for each condition were added across two blocks, and 425 
the percent correct was calculated based on 40 keywords. For two of the listeners, one of the 426 
blocks for one condition in each case had to be discarded due to an error in the processing of 427 
the stimulus. The scores for these conditions were computed based on 20 keywords only. The 428 
resulting score was transformed into rationalised arcsine units (RAUs) using the formulae 429 
recommended by Sherbecoe and Studebaker (2004), which include a correction to account 430 
for the number of items, before performing statistical analysis. The total test time for each 431 
listener was 8 to 12 hours.  432 
 433 
4. Determination of the auditory filter width 434 
An abbreviated version of the notched-noise test described by Glasberg and Moore 435 
(1990) and based on work conducted by Patterson (1976) was used to derive the shapes of the 436 
auditory filters at center frequencies of 0.5, 1, and 2 kHz. The level of the pure-tone signal 437 
was fixed and the level of the notched noise was varied to determine the level at which the 438 
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signal was just detectable. The notch in the noise was symmetric around the signal frequency. 439 
The notch widths, expressed as the deviation of each edge of the notch from the signal 440 
frequency divided by the signal frequency, were 0, 0.1, 0.2, and 0.3. The test tones were 441 
pulsed on and off. Each pulse had a duration of 200 ms including 20-ms raised-cosine ramps. 442 
The interval between pulses was 200 ms.  443 
For each signal frequency, the absolute threshold in quiet was determined using a 2-dB 444 
step size with a method similar to that used for pure-tone audiometry (British Society of 445 
Audiology, 2011). Then, the signal level was fixed at 10 dB Sensation Level (SL). The level 446 
of the noise required for the signal to be just detectable was then determined for each notch 447 
width, using a final step size of 2 dB. Outcomes were analysed using the method described by 448 
Glasberg and Moore (1990) and using the software developed by them. 449 
 450 
5. Difference limen for frequency (DLF) 451 
Although the DLF could be based on the use of TFS information or place information 452 
(based on shifts in the excitation pattern), it has been argued that, at least for listeners with 453 
normal hearing, the TFS mechanism is dominant at 2 kHz (Moore, 1973; Goldstein and 454 
Srulovicz, 1977). Here, following Moore and Sek (2016b) we take the DLF at 2 kHz as an 455 
indirect measure of the ability to use TFS information at that frequency. 456 
The DLF at 2 kHz for the test ear was measured with a procedure similar to that used by  457 
Moore and Ernst (2012) and Moore and Sek (2016b). First, the absolute threshold for a 2-kHz 458 
pure tone was determined using a three-interval forced-choice procedure using a 2-down 1-up 459 
tracking procedure to estimate the 71%-correct point on the psychometric function. Then, the 460 
DLF was measured at 20 dB SL. A two-interval forced-choice task was used where one of 461 
the intervals contained four tones whose frequency was 2 kHz and the other interval 462 
contained four tones whose frequencies alternated between 2 kHz and 2 kHz +Δf. Each tone 463 
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lasted for 400 ms including 20-ms raised-cosine ramps, and the gap between tones within an 464 
interval was 100 ms. The silent gap between interval 1 and 2 was 400 ms. Listeners were 465 
asked to choose the interval in which there was a fluctuation in pitch. To reduce the 466 
usefulness of loudness cues induced by the frequency changes, the level of every tone was 467 
roved independently over the range  4 dB. The value of Δf was varied across trials using a 468 
2-down 1-up procedure. Eight reversals were obtained. Δf was changed by a factor of 1.253 469 
until the first reversal occurred, by a factor of 1.252 until the second reversal occurred, and by 470 
a factor of 1.25 thereafter. The DLF was estimated as the geometric mean of the values of Δf 471 
at the last six reversals. Five estimates of the DLF were obtained, and the final estimate was 472 
taken as the geometric mean of the last four. 473 
 474 
6. The TFS-AF test  475 
The TFS-AF test (Füllgrabe et al., 2017) was used to estimate the highest frequency at 476 
which an interaural phase difference (IPD) of 180 could be distinguished from a reference 477 
value of 0. This test used a two-interval forced choice paradigm with stimulus durations and 478 
structure the same as described above for the DLF task. One interval contained four 479 
successive tones with an IPD of zero and the other interval contained four tones whose IPD 480 
alternated between 0 and 180. Listeners were asked to indicate which of the two intervals 481 
contained a sequence of tones that appeared to move within the head. The level of the tones 482 
was 30 dB SL. The required levels were calculated from the audiogram for each ear of each 483 
listener. 484 
Listeners performed a training task using a single interval where they could control 485 
whether the four tones all had an IPD of 0 (‘Not moving’) or whether two of them had an 486 
IPD of 180 (‘Moving’). The frequencies of the stimuli used for this task were 200, 280, and 487 
336 Hz. After the listeners confirmed that they could hear the difference across conditions, 488 
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testing proper began. For testing proper, the frequency of the tones was initially 200 Hz. The 489 
frequency was adaptively varied using a 2-up, 1-down rule. The frequency was changed by a 490 
factor of 1.4 until the first reversal, by a factor of 1.2 until the next reversal, and by a factor of 491 
1.1 thereafter. Each run was terminated after eight reversals. The threshold estimate was 492 
defined as the geometric mean of the frequencies at the last six reversals. Four estimates were 493 
obtained, and the final estimate was taken as the geometric mean of the last three. 494 
Although the TFS-AF test assesses binaural sensitivity to TFS, this sensitivity is 495 
correlated with a measure of monaural sensitivity to TFS (Moore et al., 2012), so it seemed 496 
reasonable to use the TFS-AF test here, even though our measures of speech intelligibility 497 
were all obtained under monaural listening conditions.  498 
 499 
III. RESULTS 500 
A. Pure-tone audiometry 501 
Most listeners had gently sloping hearing losses. Table 1 shows the hearing thresholds of 502 
the ears tested and also gives information about previous experience with hearing aids.  503 
  504 
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TABLE I. Age (yr), hearing-aid (HA) use, and audiometric thresholds for the test ear of each 505 
listener. ‘Y’ indicates that the listener wore hearing aids, ‘N’ indicates that they did not. 506 
Columns four to 15 show audiometric thresholds (in dB HL) for each test frequency (in kHz). 507 
The mean, standard deviation (SD) and median (Md.) are shown. 508 
  ID     Age HA  0.125 0.25 0.5 0.75 1 1.5 2 3 4 6 8 10 
5 85 Y 15 20 40 35 35 35 40 35 40 70 60 75 
8 72 N 15 20 35 40 45 45 60 65 70 65 70 75 
10 80 Y 15 20 45 45 40 35 35 40 50 50 55 75 
12 76 Y 15 25 30 25 35 35 45 50 45 50 50 80 
13 79 Y 20 25 45 30 40 50 45 50 40 45 50 75 
14 45 N 5 5 20 25 30 40 45 45 50 30 30 45 
15 73 Y 10 15 20 25 25 30 35 30 45 45 60 60 
17 65 Y 10 10 25 35 30 30 30 30 45 60 65 70 
19 86 Y 15 10 20 25 35 45 45 45 55 55 70 85 
20 78 Y 25 35 40 45 40 40 45 55 70 60 70 65 
21 59 Y 10 5 15 25 25 20 30 40 45 35 25 20 
23 70 Y 10 5 10 15 10 35 45 50 40 45 50 65 
25 66 Y 0 0 -5 10 20 45 50 55 60 60 55 60 
26 79 Y 15 15 10 5 30 5 15 60 70 65 70 80 
27 70 Y 20 20 25 30 30 40 50 45 30 40 55 60 
28 83 N 15 5 10 20 15 30 45 45 60 65 85 85 
30 73 Y 10 25 35 35 30 30 25 5 20 40 65 70 
31 71 N 25 25 20 25 25 20 10 30 50 55 60 50 
32 67 Y 10 15 20 25 30 35 35 45 45 50 65 60 
34 75 Y 15 20 30 25 20 35 45 60 60 55 60 60 
Mean 72.6   13.8 16.0 24.5 27.3 29.5 34.0 38.8 44.0 49.5 52.0 58.5 65.8 
SD 9.5   6.0 9.1 13 10 8.9 10 12 14 13 11 14 15 
Md. 73.0   15.0 17.5 22.5 25.0 30.0 35.0 45.0 45.0 47.5 52.5 60.0 67.5 
               
 509 
 510 
B. TEN(HL) test  511 
DRs at 4 kHz were identified for L8 and L20, both of whom had audiometric thresholds 512 
of 70 dB HL at 4 kHz; DRs are common when the audiometric threshold is 70 dB HL or 513 
more (Aazh and Moore, 2007). The results were inconclusive at 3 and 4 kHz for L26 and at 4 514 
kHz for L25.  515 
 516 
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C. Recognition of sentences 517 
Figure 3 shows the outcome of the sentence-recognition task. Scores did not vary clearly with 518 
number of channels or compression speed. A four-way within-subjects analysis of variance 519 
(ANOVA) with factors number of channels, compression speed, type of babble, and SBR 520 
showed no significant effect of compression speed (F(1, 19) = 0.05, p = 0.82) or type of 521 
babble (F(1, 19) = 0.37, p = 0.55). The effect of number of channels just failed to reach the 522 
0.05 level of significance (F(3, 57) = 2.47, p = 0.071). There was a significant effect of SBR, 523 
as expected, intelligibility increasing with increasing SBR (F(2, 38) = 1387.0, p<0.001, 524 
partial 2 = 0.99). There was a significant interaction between SBR and type of babble (F(2, 525 
38) = 78.2, p<0.001, partial 2 = 0.81). For the lowest SBR, performance was better for the 2-526 
talker babble, while for the highest SBR, performance was slightly better for the 8-talker 527 
babble. No other interactions were significant. 528 
 529 
FIG. 3. Average scores for speech identification. Each column shows results for one SBR. 530 
The top and bottom panels show scores with the 2-talker and 8-talker backgrounds, 531 
respectively. The shading of the bars indicates compression speed, as indicated in the key. 532 
Error bars show  1 standard error. 533 
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 534 
D. Auditory filter width 535 
The interpretation of the estimates of auditory filter bandwidth is complicated by the fact 536 
that the signal level in dB SPL varied across listeners and across frequencies, since the 537 
auditory filter tends to broaden with increasing level (Moore and Glasberg, 1987; Rosen et 538 
al., 1992). To allow for this, we followed the procedure of Hopkins and Moore (2011), and 539 
expressed the bandwidth estimates relative to what would be expected for normal-hearing 540 
listeners tested at the same signal level. The auditory filters were normal or only slightly 541 
wider than normal (widening factor, i.e. bandwidth relative to the normal value, < 1.2) for 542 
eleven listeners at 0.5 kHz, thirteen listeners at 1 kHz, and three listeners at 2 kHz. There 543 
were two listeners, L30 and L31, for whom all three measured bandwidths were normal or 544 
close to normal. For the center frequency of 0.5 kHz, the widening factor ranged from 0.83 to 545 
4.26, with a median of 1.14. For the center frequency of 1 kHz, the widening factor ranged 546 
from 0.82 to 2.16, with a median of 1.10. For the center frequency of 2 kHz, the widening 547 
factor ranged from 0.93 to 3.25, with a median of 1.73. The greater widening at 2 kHz is 548 
consistent with the sloping hearing losses of the listeners (Moore, 2007; Glasberg and Moore, 549 
1986). To obtain an overall measure of frequency selectivity, the geometric mean widening 550 
factor across the three frequencies was calculated for each listener and used for subsequent 551 
statistical analysis. In what follows, this is termed ‘overall filter widening’. The overall filter 552 
widening ranged from 0.96 to 2.16, with a median of 1.30.  553 
 554 
E. Difference limen for frequency 555 
The DLF for L5 was not measured due to limited availability of this listener. The DLFs 556 
for the remaining 19 listeners ranged from 6.2 to 50.7 Hz, with a median of 19.3 Hz. 557 
Expressed as a percentage of the center frequency, the DLFs ranged from 0.3 to 2.5%, with a 558 
median of 1%. These values are higher than those for normal-hearing listeners obtained using 559 
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the same task (Moore and Ernst, 2012), but are similar to those reported by Ernst and Moore 560 
(2013) and Moore and Sek (2016a) for hearing-impaired listeners. 561 
 562 
F. TFS-AF test 563 
One listener (L20) had a very large hearing loss in the non-test ear and therefore the 564 
TFS-AF test was not performed. L19 was not available for testing. The thresholds for the  565 
remaining 18 listeners ranged from 604 to 1283 Hz with a median of 953 Hz. The thresholds 566 
are comparable to those found previously for older listeners with hearing loss (Moore and 567 
Sek, 2016b; Füllgrabe and Moore, 2017). 568 
 569 
G.  Inter-relationship between measures 570 
To assess the hypotheses described in the introduction, relationships between variables 571 
were explored by computing Pearson correlations. The DLFs were log-transformed to make 572 
their distribution more normal.  573 
 574 
1. Psychoacoustic measures and overall speech intelligibility 575 
To reduce the effect of random errors of measurement, an overall measure of 576 
intelligibility was calculated for each listener by averaging the scores in RAUs across all 577 
backgrounds, compression speeds, and numbers of channels. Because floor and ceiling 578 
effects might have occurred for some listeners when SBR = 3 or 3, respectively, we decided 579 
to use only the scores obtained when SBR = 0 dB. This resulting measure is referred to as 580 
“overall intelligibility”. 581 
It was hypothesized that the intelligibility of speech in babble would worsen with 582 
increasing width of the auditory filters. This hypothesis was tested using a one-tailed test, 583 
since a specific direction of the effect was predicted. Figure 4 is a scatter plot of overall 584 
intelligibility versus overall filter widening. There was a small but significant negative 585 
correlation between the two measures (r = 0.39, p = 0.043, one-tailed), consistent with the 586 
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hypothesis.  587 
 588 
FIG. 4. Scatter plot showing the relationship between the overall widening of the auditory 589 
filters and overall intelligibility. 590 
 591 
It was also hypothesized that overall intelligibility would improve with increasing 592 
sensitivity to TFS. Again, this hypothesis was assessed using a one-tailed test. The  593 
correlations between overall intelligibility and each of these measures of sensitivity to TFS 594 
were not significant (for TFS-AF r = 0.40, p = 0.056, one-tailed; and for the DLF r = 0.09, p 595 
= 0.36, one-tailed). Thus, the hypothesis was not supported. 596 
 597 
2. Relationship between the effect of the number of channels and the psychoacoustic 598 
measures  599 
Although there was no significant overall effect of number of channels, the number of 600 
channels did seem to have an effect for some listeners, but the effect varied across listeners. 601 
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To assess whether the individual effect of number of channels was related to any of the 602 
psychoacoustic measures, the intelligibility score in RAUs for each number of channels was 603 
averaged across backgrounds and compression speeds. The score obtained with 3 channels 604 
was subtracted from that obtained with 22 channels. Only the scores obtained for SBR = 0 605 
were used in order to avoid floor or ceiling effects. The correlations between these difference 606 
scores and the results of the psychoacoustic tests were calculated. Two-tailed tests were 607 
performed as this analysis was exploratory. 608 
The difference scores were not significantly correlated with the widening of the 609 
auditory filters (r = 0.20, p = 0.40, two-tailed), the DLFs (r = 0.15, p = 0.54, two-tailed), or 610 
the TFS-AF thresholds (r = 0.29, p = 0.25, two-tailed).  611 
 612 
3. Relationship between the effect of compression speed and the psychoacoustic measures  613 
It was hypothesized that better TFS processing abilities would be associated with a 614 
greater benefit from fast compression (Moore, 2008; Moore and Sek, 2016b). To assess this, 615 
the difference in performance between fast and slow compression was calculated by 616 
subtracting the average score in RAUs (across babble types) obtained with slow compression 617 
from that obtained with fast compression. Again, this difference was calculating using the 618 
scores for SBR = 0. Inspection of the scatter plots suggested that the relationships between 619 
difference scores and DLFs or TFS-AF thresholds were in the direction opposite to those 620 
expected. Thus, two-tailed tests were carried out. These indicated that the difference scores 621 
were not significantly correlated with the DLFs (r = 0.24, p = 0.34) or with the TFS-AF 622 
thresholds (r = 0.37, p = 0.129). Thus, the hypothesis was not supported.  623 
 624 
IV. DISCUSSION 625 
The results showed no effect of the number of compression channels or compression 626 
speed on the intelligibility of speech in 2-talker or 8-talker babble. This contrasts with some 627 
previous studies that reported significant effects of the number of compression channels 628 
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(Holube et al., 2016; Alexander and Masterson, 2015; Yund and Buckles, 1995c; Bor et al., 629 
2008) and a main effect of the speed of compression or an interaction between the number of 630 
channels and the speed of compression (Alexander and Masterson, 2015; Holube et al., 2016; 631 
Nábělek, 1983). There are several possible reasons for the discrepancies across studies.  632 
Consider first the effect of number of channels. In most previous studies, the channels 633 
were used to shape the frequency response (Alexander and Masterson, 2015; Yund and 634 
Buckles, 1995a; Keidser and Grant, 2001; Crain and Yund, 1995), which was not the case in 635 
our study. When the number of channels is small, it is more difficult to achieve the target 636 
frequency response by adjusting the gain in the individual channels. Thus, in most previous 637 
studies the overall frequency response shape of the stimuli would have varied with the 638 
number of channels. This was noted by Yund and Buckles (1995c). They found that speech 639 
intelligibility improved with increasing number of channels from 4 to 8, but with no further 640 
increase at 16 channels. They analyzed the pattern of consonant confusions across conditions 641 
and found that most changes in performance could be accounted for by differences in the 642 
frequency response of the hearing aids; the gain at 4 kHz and above increased with increasing 643 
number of channels from 4 to 8 and from 8 to 16. They proposed that performance did not 644 
differ between 8 and 16 channels because the 8-channel hearing aid provided enough speech 645 
information to maximize performance. Our results suggest that when the target frequency 646 
response for medium-level speech is accurately achieved using a single filter applied before 647 
filtering into compression channels, there is no benefit of increasing the number of channels 648 
beyond 3.  649 
Consider now the effect of compression speed. In many previous studies, the 650 
compression ratios were higher than used in our study, either because the hearing losses of 651 
the listeners were greater than here (Holube et al., 2016) or because the compression ratios 652 
were set to arbitrary values, which often did not vary across frequency and were much higher 653 
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than those prescribed for hearing aids (Nábělek, 1983; Plomp, 1994). Deleterious effects of 654 
compression are more likely to occur when the compression ratio is higher than needed to 655 
compensate for the loudness recruitment of the listener at any given frequency and when the 656 
compression is applied over a wide frequency range, especially when the compression is fast 657 
acting (Verschuure et al., 1994; van Buuren et al., 1999). Also, fast-acting compression 658 
applied at low frequencies can introduce waveform distortion, since the gain can change 659 
significantly within one cycle of sound (Moore et al., 1999). Hence, the deleterious effects of 660 
fast-acting compression found in some previous studies might have been a consequence of 661 
the use of inappropriately high compression ratios, especially at low frequencies.  662 
The median compression ratios used in the present work for channels with upper edges 663 
up to about 0.8-0.9 kHz were low, with medians of 1.01 for 3 channels, 1 and 1.67 for 6 664 
channels, 1, 1.02, 1.05 and 1.24 for 12 channels, and 1, 1, 1.01, 1.05, 1.05, 1.11, 1.26, and 665 
1.43 for 22 channels (Figures 1 and 2). When hearing loss occurs mainly at high frequencies, 666 
as is often the case (Agrawal et al., 2008), the effect of clinically prescribed compression on 667 
the intelligibility of medium-level sounds might be small or absent. Similar points were made 668 
by De Gennaro et al. (1986) and Yund and Buckles (1995c), who hypothesized that the 669 
outcomes with multi-channel compression might depend on the degree of hearing loss. The 670 
work of Crain and Yund (1995) supports the idea that excessively high compression ratios 671 
might underlie the negative effects of multi-channel fast-acting compression that have 672 
sometimes been reported. Using fast-acting compression, they found that when the 673 
compression ratio was individually prescribed, there were no negative effects of increasing 674 
the number of channels from 1 to 31 on vowel or voiced stop-consonant discrimination. 675 
However, when the compression ratio was fixed across channels, there were negative effects 676 
of increasing the number of channels and of increasing the compression ratio, and an 677 
interaction between these two factors.  678 
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One study using individually prescribed compression ratios did show effects of 679 
compression speed. Alexander and Masterson (2015) compared fast and slow compression 680 
(release times of 40 and 640 ms, respectively), using 4, 8 or 16 channels (that were also used 681 
for frequency response shaping). They found that fast compression led to slightly better 682 
speech recognition than slow compression when the number of channels was 4, but the 683 
reverse was true when the number of channels was 16. However, best performance for both 684 
compression speeds was obtained with 8 channels. All of these effects were very small; the 685 
measure “generalized eta-squared” was 0.03 for the effect of number of channels, and 0.01 686 
for the interaction of compression speed and number of channels. These small effects might 687 
have occurred because of changes in overall frequency response shape across conditions 688 
resulting from the use of the channels for frequency-response shaping as well as for 689 
compression.    690 
Another possible reason for the discrepancy between our findings and those of some 691 
previous studies is related to the attack and release times used. Some of the release times used 692 
in previous work were shorter than those used here even for ‘fast’ compression (Holube et 693 
al., 2016; Alexander and Masterson, 2015; Bor et al., 2008; Yund and Buckles, 1995c). Short 694 
attack and release times might be associated with greater distortion of the temporal envelope 695 
and greater reductions in envelope modulation depth, depending on the design of the 696 
compressor (Stone and Moore, 2008). In studies where the attack and/or release times were 697 
varied systematically, very short time constants combined with high compression ratios 698 
usually led to worse performance (Stone and Moore, 2008; Nábělek, 1983) or decreased 699 
sound quality (Holube et al., 2016). Our use of slightly longer time constants for the fast 700 
compressor, combined with the use of more appropriate compression ratios, would have 701 
avoided these deleterious effects. 702 
Finally, the nature of the target speech and background used in the speech-recognition 703 
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task might underlie differences across studies. Sentence material provides more contextual 704 
information than single words or nonsense syllables. Additionally, the background used here 705 
was natural speech (babble) and thus informational masking probably influenced 706 
performance, particularly for the two-talker babble (Brungart et al., 2001; Hoen et al., 2007). 707 
A small effect of compression speed or number of channels might be obscured by individual 708 
differences in cognitive and linguistic skills when listening to speech in speech (Brouwer et 709 
al., 2012; Koelewijn et al., 2012b; Newman et al., 2015; Lecumberri and Cooke, 2006; Van 710 
Engen and Bradlow, 2007; Hoen et al., 2007). Reducing contextual information in the target 711 
and linguistic content in the background might reduce this uncontrolled source of variability, 712 
but at the cost of reduced relevance to real-life scenarios. It is possible that effects of 713 
compression speed or the number of compression channels might be revealed even using 714 
sentence materials and babble backgrounds by assessing the outcome using measures of 715 
listening effort (Koelewijn et al., 2012a; Koelewijn et al., 2012b) rather than recognition 716 
scores. This remains to be determined. 717 
One limitation of the present study is that the speech and babble were co-located and 718 
listening was monaural, which is not representative of real listening environments. Spatially 719 
separating speech and babble could reveal effects of the parameters of compression. For 720 
example, Moore et al. (2010a) assessed the effects of spatial separation and speed of 721 
compression on speech recognition in a 2-talker babble. They found that slow compression 722 
led to better performance than fast compression when the target and interference were 723 
spatially separated but not when they were co-located. However, the effect was small. The 724 
effect might have occurred because fast compression applied independently to the signal for 725 
each ear can alter interaural level differences (Wiggins and Seeber, 2011; Byrne and Noble, 726 
1998; Hassager et al., 2017). This effect can be avoided by synchronization of gain changes 727 
across ears (Kreisman et al., 2010; Wiggins and Seeber, 2013; Hassager et al., 2017). 728 
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The lack of interaction between speed of compression and type of background does not 729 
support the idea that fast compression with many channels improves “listening in the dips” of 730 
the masker, as suggested by Moore (2008). Our finding also contrasts with the finding of 731 
Moore et al. (1999) that fast compression with eight channels (but not four or less channels) 732 
improved the perception of speech in a modulated background sound, relative to linear 733 
amplification. However, there were differences across the studies in terms of task, stimuli, 734 
and background used. In particular, Moore et al. (1999) used a background that was highly 735 
modulated in amplitude and had large spectral dips, so as to maximize the role of dip 736 
listening. The small benefit found by them (less than a 1-dB improvement in the speech 737 
reception threshold) did not occur for more realistic background sounds. Our results are 738 
consistent with those of Alexander and Masterson (2015), who used steady and modulated 739 
background noises and found no interaction between the release time and the type of 740 
background.  741 
It was of interest to assess whether variability in the effects of compression speed and 742 
number of channels across listeners was related to psychoacoustic measures. Overall 743 
performance in the sentence recognition task was negatively correlated with the widening of 744 
the auditory filters. This is consistent with the findings of  Festen and Plomp (1983) and 745 
Moore et al. (1985).  746 
Laurence et al. (1983) proposed that the amplitude-compression channels should be 747 
wider than the bandwidth of the auditory filters to avoid a reduction in spectral contrast with 748 
increasing number of channels. This proposal is supported by the findings of Croghan et al. 749 
(2014), who tested the preferences of hearing-impaired listeners for music signals subjected 750 
to linear amplification or multi-channel compression. They found that listeners with wider 751 
psychophysical tuning curves tended to prefer 3-channel over 18-channel compression, while 752 
listeners with sharper psychophysical tuning curves showed a small trend in the opposite 753 
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direction. However, this applied only to classical music, and not to rock music. The results of 754 
Souza et al. (2012) are also consistent with the proposal of Laurence et al. (1983). Souza et 755 
al. (2012) showed that vowel identification was poorer for stimuli processed using 16-756 
channel compression than for stimuli processed with linear amplification, and that this effect 757 
was greater for listeners with broader auditory filters. However, they used fast-acting 758 
compression with a fixed and rather high compression ratio of 3 in all channels. The 759 
deleterious effect of 16-channel compression would probably be smaller if listener-specific 760 
compression were used, and this would weaken the relationship between auditory-filter 761 
bandwidth and the effects of compression. Our data do not support the proposal of Laurence 762 
et al. (1983), since no correlation was found between overall filter bandwidths and changes in 763 
performance between 3 and 22 channels. 764 
Finally, it was hypothesized that listeners with better TFS processing might benefit from 765 
fast compression, based on the suggestion of Moore (2008). This suggestion was weakly 766 
supported by the results of Moore and Sek (2016b), who found a small but significant 767 
correlation between the DLF at 2 kHz and the effect of compression speed on preference 768 
scores for speech and music: slow compression was preferred over fast compression more 769 
strongly with increasing DLF. However, no significant relationship was found between 770 
preference scores and TFS-AF thresholds. In the present study, no correlation was found 771 
between either of the TFS measures and the difference in performance between fast and slow 772 
compression. Thus, it appears that TFS processing is not related to changes in performance 773 
across compression speeds. This conclusion is consistent with the findings of Hopkins et al. 774 
(2012) for normal-hearing listeners listening to vocoded speech.  775 
The psychoacoustic measures investigated here were not correlated with the effects of 776 
the number of channels or compression speed. The role of other factors, such as cognitive 777 
abilities, especially working memory, might be more significant (Gatehouse et al., 2006a; 778 
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Gatehouse et al., 2006b; Lunner and Sundewall-Thoren, 2007). However, although  Reinhart 779 
and Souza (2016) found that slow compression led to better speech intelligibility than fast 780 
compression for reverberant speech using high compression ratios, no link between working 781 
memory and speed of compression was found.  782 
The present work used realistic participant-specific compression ratios and showed no 783 
overall effect of compression speed. Hence, one cannot say that, in general, fast compression 784 
is better than slow compression, or vice versa. However, this does not rule out the possibility 785 
that individual listeners might achieve higher intelligibility with slow than with fast 786 
compression, or vice versa. It would be difficult in clinical practice to measure the 787 
intelligibility of speech in background sounds sufficiently accurately to demonstrate a reliable 788 
effect of compression speed for an individual. Hence, it seems reasonable to argue that the 789 
choice of compression speed for an individual should be determined based on subjective 790 
preferences and perhaps on measures of cognitive abilities such as working memory.  791 
 792 
V. SUMMARY AND CONCLUSIONS  793 
(1) The number of compression channels and the speed of compression had no effect on 794 
identification scores for sentences in 2-talker and 8-talker babble. 795 
(2) There were no interactions between the parameters of the multi-channel compression and 796 
the type of background used. 797 
(3) Overall speech scores were negatively correlated with the average widening of the 798 
auditory filters across 0.5, 1, and 2 kHz. 799 
(4) None of the measures of TFS sensitivity were correlated with individual differences in 800 
performance between slow and fast compression. 801 
(5) None of the psychoacoustic measures were correlated with individual differences in the 802 
effect of number of compression channels. 803 
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